The acoustic impedance at the diaphragm of an electroacoustic transducer can be varied using a range of basic electrical control strategies, amongst which are electrical shunt circuits. These passive shunt techniques are compared to active acoustic feedback techniques for controlling the acoustic impedance of an electroacoustic transducer. The formulation of feedback-based acoustic impedance control reveals formal analogies with shunt strategies, and highlights an original method for synthesizing electric networks ("shunts") with positive or negative components, bridging the gap between passive and active acoustic impedance control. This paper describes the theory unifying all these passive and active acoustic impedance control strategies, introducing the concept of electroacoustic absorbers. The equivalence between shunts and active control is first formalized through the introduction of a one-degree-of-freedom acoustic resonator accounting for both electric shunts and acoustic feedbacks. Conversely, electric networks mimicking the performances of active feedback techniques are introduced, identifying shunts with active impedance control. Simulated acoustic performances are presented, with an emphasis on formal analogies between the different control techniques. Examples of electric shunts are proposed for active sound absorption. Experimental assessments are then presented, and the paper concludes with a general discussion on the concept and potential improvements.
I. INTRODUCTION
In the pioneering active noise control patent, 1 the underlying principle lies in the processing of acoustic interferences, i.e. the cancellation of a primary sound wave with a controlled secondary source. This early formulation of active noise cancellation paved the way to a broad variety of active concepts, among which is active sound absorption. The formal introduction of the concept of sound absorption by electroacoustic means can be attributed to Olson and May, 2 who applied a feedback control on a loudspeaker, based on sound pressure sensing. In the footsteps of this novel formulation of active noise control, Jessel et al. 3 studied the principle of active absorbers in the light of formal analogies with the Huygens theory of sound propagation, leading to practical requirements of the secondary sound sources. Guicking 4 extended the concept to an hybrid structure combining an acoustic passive absorber with an active electroacoustic transducer. This principle slightly evolved in the 1980s to turn into the concept of "smart foam." 5 This concept aims at modifying the acoustic behavior of a polymer structure through a thin embedded polyvinylidene fluoride (PVDF) film and an acoustic feedback, where the whole acts both as a passive device and an active sound absorber.
At the same time, feedback techniques were developed introducing the concept of "direct impedance control" on a loudspeaker diaphragm. 6 Here, the feedback employs a combination of sound pressure and diaphragm velocity sensing, resulting in a broadband acoustic impedance control. [7] [8] [9] In these feedback techniques, the collocation of the actuator and the sensor plays an important role in the stability and in the performances of the controlled device, especially in the cases where the active elements are distributed within arrays. 10 This has inspired advanced control techniques, where the actuator is capable of self-sensing acoustic quantities. Indeed, the actuator is among one of the numerous components that rule the performances of active noise control, 11 but the active noise control algorithms generally take little account of its dynamics and the means to modify its passive response to external sound pressure. Therefore it seems important to develop versatile techniques for better control of the loudspeaker dynamics that can be referred to as "actuator-based" active impedance control.
The first realizations of an actuator-based active feedback control can be found in the realm of audio engineering. 12, 13 In Ref. 13 , an original velocity-feedback technique was employed with the objective of further extending the response of a loudspeaker in the low-frequency range. In this setup, the velocity information was processed through the differential voltage of a Wheatston bridge at the electrical terminals of the transducer, based on assumptions concerning the loudspeaker dynamics (i.e., motional feedback). This feedback resulted in a damping of the velocity response of the actuator around the resonance frequency, thus reducing the non-linear behavior in the low-frequency range. These actuator-based concepts also provide a smart and efficient solution for sensing acoustic quantities out of an electrical a) Author to whom correspondence should be addressed. Electronic mail:
herve.lissek@epfl.ch filter. For example, Lane et al.
14 use a physical model of the electroacoustic loudspeaker within an active noise control device, with the objective of designing specific electrical filters dedicated to extract acoustic information out of electrical sensing.
In 1970, Bobber 15 showed that a transducer shunted by an electronic generator could be used for matching the transducer acoustic impedance to the sound field. Instead of targeting a local sound pressure reduction (as in Olson and May's paper 2 ), the active transducer is used to modify the acoustic particle velocity through a passive absorber to avoid any perturbation of the incident sound wave. When the conditions for impedance match are met, the electronic system operates as the characteristic impedance of an acoustic transmission line, thus serving as an absorber of sound energy. In the footsteps of this work, Elliott et al. 16 suggested that a secondary sound source could be seen as an electrical network designed in order to match a specific load that maximizes the absorbed sound power. These observations paved the way to straightforward strategies for sound absorption through electroacoustic means, such as the concept of "shunt loudspeakers." 17 It is proven that a simple electric resistance of positive value connected to the electric terminals of a loudspeaker can modify the value of the acoustic impedance of the diaphragm up to the point at which the loudspeaker system becomes an excellent absorber around its resonance frequency. Employing "negative" resistances (through negative impedance converters) further varies the acoustic impedance of the device. 15 The performances of shunt loudspeakers can also be enhanced with an "hybrid feedback," 18, 19 in which the acoustic impedance of a loudspeaker is broadly modified by connecting a negative resistance in series with a sound pressure-feedback. Since the negative impedance realizes motional feedback, 13 the acoustic performances obtained with hybrid feedback are similar to the above-mentioned direct impedance control techniques.
All these passive and active control strategies have been extensively studied, but the equivalence between shunt and feedback control is not straightforward and is only suggested in a few papers. For example, Bobber 15 presents electrical networks connected to a loudspeaker that allow the matching of the acoustic impedance of its diaphragm to the medium. However, a conceptual bridge between these different control techniques is still missing, which is one of the motivations of the present paper.
In the following, the "electroacoustic absorber" (EA) concept is introduced, inspired by Olson and May's and Bobber's articles, 2, 15 as well as by the techniques for substituting a negative resistance for a velocity-feedback presented by Lissek and Meynial. 18, 20 Section II introduces a strategy for synthesizing the acoustic impedance presented by a loudspeaker to the medium that can be performed by setting three independent parameters of a one-degree-of-freedom resonator. A synthetic formulation of the acoustic admittance resulting either from an electric shunt or an feedbacks on acoustic quantities is specifically developed. Then, acoustic feedbacks are shown to be equivalent to electric shunts that are formalized hereafter, allowing the synthesis of electric networks in view of active sound absorption. These developments are followed by computational and experimental validations, as well as practical discussions on this unifying concept, with an emphasis on the analogies between the different control strategies.
II. ELECTROACOUSTIC ABSORBER CONCEPT

A. General presentation
In this paper, we consider a closed-box moving-coil loudspeaker radiating in a waveguide of adapted cross-section, where the assumption of plane waves under normal incidence is used throughout the formulations. Moreover, the following developments are restricted to the case of an electrodynamic transducer (see Fig. 1 ), but the presented results are also transposable to other transduction cases. 15, 21 The discussions focus on different feedback settings at the electric terminals of an electrodynamic transducer: A passive resistance, a velocity-feedback, and a direct active impedance control. The system as a whole (the electroacoustic transducer, the enclosure, and the electric feedback) is referred to as the electroacoustic absorber (EA).
A closed-box electrodynamic loudspeaker is a linear time-invariant system that, under certain hypotheses, can be described with differential equations. 22 From Newton's law of motion, the mechanical dynamics of the loudspeaker diaphragm, for small displacements and below the first modal frequency of the diaphragm, can be modeled with the following linear differential equation:
where q is the density of the medium and c is the celerity of sound in the medium, M ms , R ms , and C ms are the mass, mechanical resistance, and compliance of the moving bodies of the loudspeaker, V b is the volume of the cabinet, v(t) is the diaphragm velocity (opposed to total particle velocity), Bl is the force factor of the transducer (where B is the magnetic field magnitude and l is the length of the wire in the voice coil), i(t) is the driving current, Bli(t) being the Laplace force induced by the current circulating through the coil, S is the effective piston area, and p þ is the sound pressure at the outer (front) surface of the loudspeaker.
The electrical dynamics can also be modeled by a firstorder differential equation given as:
where e(t) is the voltage applied at the electrical terminals, R e and L e are the dc resistance and the inductance of the voice coil, respectively, and Blv(t) is the back electromotive force (EMF) induced by its motion within the magnetic field.
Equations (1) and (2) form a system of differential equations describing the loudspeakers dynamics. Expressing the preceding relationships with the use of Laplace transform yields the characteristic equations of the electrodynamic loudspeaker, given as:
VðsÞ À BlIðsÞ EðsÞ ¼ ðsL e þ R e ÞIðsÞ À BlVðsÞ ( ; (3) where P þ (s), V(s), E(s), and I(s) are the Laplace transforms of p þ (t), v(t), e(t), and i(t), respectively, and
=ðV b Þ is the equivalent compliance due to the closed-box at the rear side of the loudspeaker.
The analytical formulation of the loudspeaker system can then be illustrated in the form of an equivalent circuit illustrated in Fig. 2 , where e s and R s are the voltage source and its internal resistance, respectively. On the acoustic side, we assume an ideal exogenous sound source, p S , located at one extremity of a waveguide facing the EA. The total acoustic pressure at the front side of the loudspeaker diaphragm, p þ , therefore corresponds to the addition of an incident sound pressure p i and a reflected sound pressure p r , which accounts for the mechanical radiation impedance of the front face of the loudspeaker. However, this radiation impedance is excluded from the studied system with a view of providing general properties of the sound absorber (apart from the radiation conditions of the diaphragm). This impedance would not appear in the following developments.
B. Formulation of electroacoustic absorbers 1. Acoustic absorption capability of the speaker face It is always possible to derive the system of Eq. (3) in order to write the normalized acoustic admittance of the loudspeaker face as a function of the sound pressure P þ (s) and velocity V(s), whatever the load or feedback at its electrical terminals,
The minus sign is justified by the fact that V(s) is defined as the diaphragm velocity, opposed to the total particle velocity at the diaphragm. The corresponding reflection coefficient can be derived after
The extraction of the magnitude jr( f )j of r(s) yields the sound absorption coefficient a( f )
valid for the steady-state response of the system to harmonic excitations.
Equations (3)- (6) indicate that the choice of the electric load imposes certain absorption characteristics at the loudspeaker front face. The term "electroacoustic absorber" is thus justified when this load impedance Z(s) is tailored in such a way as to exhibit positive values of the acoustic absorption coefficient.
This section aims at providing the general expression of the acoustic admittance presented at the loudspeaker diaphragm, when its electric terminals are connected to electric networks or acoustic feedback voltages. We consider here the voltage at the terminals of the loudspeaker as the combination of (1) a feedback voltage on diaphragm velocity; (2) a feedback voltage on sound pressure at the front face of the diaphragm; (3) the source voltage lowering induced by the source electric resistance R s .
The input voltage is therefore given by
where C v and C p represent the feedback gains, respectively, in V m À1 s and V Pa
À1
, including sensors sensitivities. By replacing voltage E(s) in Eq. (3) with the expression of Eq. (7) yields the normalized acoustic admittance:
FIG. 2. Circuit representation of an electrodynamic loudspeaker including the electric load (electric mesh at the right of the loudspeaker). The acoustic disturbance is represented here by an ideal source of sound pressure p S , and the waveguide is represented by a two-port system, accounting for the relationship between the input sound pressure p S and the sound pressure p þ at the front of the loudspeaker.
with
where Z mc ¼ qcS is the mechanical equivalent to characteristic medium impedance Z c ¼ qc. This expression can be simplified in the low-frequency range, below the cut-off frequencies f e and f me of the two electrical filters resulting from the connection of the electro-mechanical transducer to the electric load of Eq. (7) determined by,
and especially around the resonance frequency
. Without feedback, dc resistance R e generally being of the order of magnitude of 6 X and inductance L e of about 1 mH, the above-mentioned cut-off frequencies are in the range of 1 kHz. The higher order terms in the numerator and denominator of Eq. (8) can be neglected, thus justifying the simplification of Y(s) as
where
are the mechanical equivalent components of the EA which exhibits the characteristics of a resonator. This set of parameters can also be replaced by the following set of parameters:
f EA being the resonance frequency, f EA being the normalized resistance, and Q EA being the resonance quality factor of the EA.
Thus, the EA concept allows easy determination of the parameters R s , C v , and C p , in order to match the desired resonator parameters ( f EA , f EA , Q EA ), opening the way to a straightforward control strategy for the active absorption of sound. A very singular result is the fact that the resonance frequency f EA is not affected much by the control, where any increase of pressure-feedback gain C p in positive values leads to the reduction of the apparent mass of the EA together with the increase of its compliance, thus a consecutive increase of the control bandwidth (inversely proportional to Q EA ). The sensitivity of the EA performances with the three control parameters is further detailed in Sec. III.
Stability
In order to anticipate stability issues, the Routh criterion is applied to the denominator of the expression of the normalized admittance, namely the coefficients (b 3 , b 2 , b 1 , b 0 ) of Eq. (8) . By developing the Routh table, 23 one can obtain the following parameters:
The condition for the stability yields each coefficient from the first column in the matrix of Eq. (14) should be of the same sign, yielding
One can then observe that if the first condition is satisfied, stability is always ensured if C v ! 0. This result is valid for the ideal linear model of Sec. II A, but it should be well understood that such a model does not account for various phenomena that may have a prejudicial impact on stability, such as the variation of electric resistivity and self-inductance with frequency, or non-linear behavior (stiffness of the suspensions induced by Laplace force), or even heat phenomena occurring in the coil. Such phenomena are not easy to model with accuracy but, in some cases, can be considered in a lumped-elements model. 24, 25 Nevertheless, the result of Eq. (16) is considered in the following developments, with a view of providing a criterion on stability for the ideal case.
Equivalent electric load
It also follows from Eq. (3) and Eq. (7) that both velocity V(s) and sound pressure P þ (s) can be expressed as the functions of the electric current I(s),
where Z(s) represents the equivalent electric load impedance, ratio of the total control feedback voltage against current intensity. This electric impedance becomes:
Each of the control cases described hereafter is then equivalent to an electrical network Z(s), which is composed of a first negative series of resistance-inductance -Z e (s) ¼ -(sL e þ R e ), which can be viewed as a "neutralization" of the electric impedance of the loudspeaker, and a shunt impedance Z s (s) that depends on the control case. This neutralization reveals the required electric network that, connected to the loudspeaker, should fit the target acoustic admittance. In this sense, this formulation can directly be used for synthesizing electric networks capable of mimicking feedbackbased active absorption (e.g., Sec. III D). Conversely, each shunt has its acoustic feedback counterpart, namely a setting of the acoustic feedback gains C p and C v that plays the same role than the load impedance. Section III provides computational results, processed with the aforementioned formulations of the acoustic admittance and equivalent electric loads, for different examples of shunt and acoustic feedback controls that can be covered by the denomination "electroacoustic absorber."
III. CASE STUDY
In this section, the models are processed according to the following assumptions:
(1) An electrodynamic moving-coil loudspeaker (Visaton V R AL 170 low-mid-range loudspeaker, the specifications of which are given in Table I ) is used as the EA.
(2) The rear face of the loudspeaker diaphragm is enclosed in a box, the volume of which is V b ¼ 10l, (3) The loudspeaker front face is radiating at the termination of a waveguide, the opposite extremity being considered as perfectly absorbent.
The different settings considered in this section are given in Table II . The acoustic absorption coefficients obtained by simulations are gathered on the synthetic illustration of Fig. 3 , in order to show their common behavior and assess the influence of the EA parameters on the acoustic absorption coefficient on a single chart.
A. Case 0: Open-circuit
In the case where the electroacoustic transducer is not connected to any electric load, no current is circulating in the coil; thus no feedback force is created, and the device can be described as "passive." The acoustic admittance of the passive diaphragm can then be written as:
This specific case provides insight on the behavior of other shunt and feedback techniques, since the admittance of Table II ).
Eq
, the total losses being characterized by the normalized resistance f EA;0 ¼ R ms =ðZ mc Þ and the resonance quality factor being
The acoustic absorption coefficient of the open-circuit EA is illustrated in Fig. 3 , with the label "case 0," presenting a maximal value a 0;max < 1 at the resonance. The "natural" resonant behavior of the passive loudspeaker is highlighted, with its relatively low capacity of absorbing the acoustic energy around its resonance frequency, due to mismatched mechanical losses (here R ms ( Z mc ). This also indicates that there is still some way to go before achieving total absorption at resonance, which has to be done by electrically adding losses in the system. This can be understood as an underlying objective of shunt techniques, as described in Sec. III B.
B. Case 1: Shunt resistance (including shortcut)
If we consider a single positive resistor R s loading the electric terminals of the loudspeaker, the normalized acoustic admittance can be expressed as follows:
In this expression, the mechanical resistance of the transducer can be increased by ðBlÞ 2 =ðR e þ R s Þ expressing additional losses in the electric circuit. As a consequence, the absorption coefficient at the resonance can be easily varied, so as to cater for different values from a 0,max up to 1. This can also be explained by the fact that the positive electric resistance, fed by the induced back electromotive force, creates an electrical current in the coil. This current generates a feedback force at the loudspeaker diaphragm, modifying its vibrating velocity in response to an exogenous sound pressure. Thus, the loudspeaker connected to a passive shunt can no longer be denoted as "passive," as in the case of the open-circuit, and rather calls for the label "semi-active," due to this intrinsic feedback force.
An optimal shunt value can be set so as to have a perfect acoustic absorption at the transducer resonance,
For the case of the studied electrodynamic loudspeaker in the air at 20 C (q ¼ 1.204 kg m À3 and c ¼ 343.3 m s
À1
), this optimal resistance R opt is nearly equal to 5 X. The corresponding acoustic absorption coefficient is given in Fig. 3 , with the label "case 1." It can be observed that the added resistance allows a significative increase of the absorbing capability of the loudspeaker over the bandwidth of interest to the point where it is perfectly absorbent at resonance. This result is at the heart of the principle of shunt loudspeakers, 17 the stability of which is always ensured with passive dipoles.
Moreover, this electroacoustic solution is an interesting alternative to conventional sound absorbing materials in the low-frequency range, which are often bulky and present poor absorbing efficiency. 2 But a positive shunt only allows limited values of sound absorption, depending on the total resistances of the loudspeaker system, and no substantial broadening of the bandwidth of control is possible. The intention of Secs. III C and III D is to further extend the preceding properties to active feedbacks, with an emphasis on combined velocity=pressure-feedbacks.
C. Case 2: Velocity-feedback-shunt negative resistance
We consider the case where R s ¼ 0 X and
, where the only diaphragm velocity feeds back the electroacoustic transducer electrical input. The acoustic absorption coefficient is computed after Eq. (6), the results being reported on Fig. 3 , with labels "case 2a" and "case 2b." According to Eq. (13), the EA parameters become:
The values of the equivalent mechanical resistance can then be set from a constant value R ms þ ðBlÞ 2 =R e , which depends on the loudspeaker's passive resistances and corresponds to the short-circuit case, up to infinity in theory. In the case of high velocity-feedback gains, the control forces the diaphragm to be ideally rigid, corresponding to perfect reflection. Moreover, as feedback gain increases, the quality factor decreases in proportion leading to a consecutive broadening of the control bandwidth.
It is also noticeable that according to Eq. (18), the equivalent shunt of the velocity-feedback is a negative impedance, when C v takes positive values. Such velocity-feedback, whatever the means to sense velocity, then consists in applying a negative impedance circuit at the transducer electrical terminals, such that:
This negative impedance can be obtained with a Wheatston bridge loading the electrical terminals of the loudspeaker, as reported in Ref. 13 , confirming the possibility to design EAs capable of self-sensing acoustic quantities out of dedicated electric filters. The stability of velocity-feedback control is theoretically ensured if C v is positive, according to Eq. (16) . In practice though, the setting of the negative impedance is very sensitive to the values of resistance and inductance. An actual limitation of gains is encountered, mainly due to the variation of L e and R e with frequency that are not considered in this model. However, as shown in Sec. IV, there is still a large margin of gains to achieve velocity-feedback without facing instability of the device.
D. Case 3: Direct impedance control
"Direct impedance control" 6 refers to the combination of a velocity-and a pressure-feedback at the loudspeaker electrical terminals. In this case, the normalized acoustic admittance Y 3 takes the general form of Eq. (8) with R s ¼ 0 X, and
This result indicates that assuming feedback gain C v ) Bl, the target acoustic resistance is directly accessible through the ratio C v =C p that should equal in the air at 20 C the characteristic impedance is 413.3 kg m À1 in view of the total absorption. As for velocity-feedback, the extension of the control bandwidth is made possible by increasing gain C v , theoretically up to infinity, which is hardly the case in practice for the same stability reasons as in the preceding example. The setting of the EA appears quite straightforward, consisting of first adjusting the ratio of gains to equal a desired acoustic resistance value, and then increasing simultaneously the two gains (while their ratio remains constant) up to the above-mentioned instability threshold.
The results given in Fig. 3 with label "case 3a" and "case 3c" demonstrate the possibility of achieving wideband acoustic absorption with such an EA: In these cases, the obtained acoustic impedance matches the target resistance Z c ¼ C v C p on a frequency bandwidth increasing with the value of C v (decreasing quality factor).
Moreover, the equivalent electric shunt of Eq. (18) is processed with the parameters of case 3a, leading to the function of Eq. (25) illustrated in Fig. 5(a) . 
This target electric impedance can be obtained with the electric network illustrated in Fig. 4 , composed of electric resistances (R 1 and R 2 ) and inductances (L 1 and L 2 ). Here, Z s denotes the left part of the electric shunt, excluding the neutralizing electric impedance -(sL e þ R e ). In this case,
The identification of the parameters of this network is not straightforward and requires much care, since the number of degrees-of-freedom (R 1 and R 2 , L 1 and L 2 ) is lower than the number of coefficients of the target electric impedance. Nevertheless, illustrating the equivalence between shunt and feedback control, a set of electric components has been chosen, so that the coefficient of s 2 on the numerator of Eq. (26) equals 0, or in other words, the synthesized impedance fits the target one in the low-medium frequency range. It yields,
By replacing the values of (R 1 , R 2 , L 1 , L 2 ) in Eq. (26), one can obtain the following synthesized impedance:
that can be compared to the expression of Eq. (25), as illustrated in Fig. 5(a) . Thus, the synthesized electric impedance matches the target one within the frequency bandwidth of interest. Conversely, this synthesized electric impedance Z s (s) forms a new shunt impedance in series with -(sL e þ R e ) that we can then substitute for R s in Eq. (7) [or even Eq. (20)] to compute the corresponding "synthesized" acoustic admittance denoted by Y s , 3a (in order to distinguish this synthesized admittance and the target one Y 3a ). The synthesized acoustic admittance is then: (27) , corresponds to a theoretically stable configuration of the EA, according to the Routh criterion, assuming that the neutralization of the electric impedance is ideally achieved. The "synthesized" absorption coefficient is then processed, according to Eqs. (6) and (29) , and compared in Fig. 5(b) to the one obtained with direct impedance control (with
, R s ¼ 0 X). This last result illustrates the formal equivalence between shunt loudspeakers and feedback-based active sound absorption showing similar results in terms of sound absorption. One can observe that, with the chosen electric network, the coefficients of s 2 and s 0 in the denominator of the synthesized acoustic admittance Y s,3a (s) are lower than in the passive case [see Eq. (19) ]. This is in accordance with the objective of lowering the equivalent mass and increasing the equivalent compliance of the loudspeaker in order to extend the bandwidth of the control. Moreover, the equivalent acoustic resistance is actually higher than the passive one, which is required to match the acoustic resistance of air. The electrical network allows the adjustment of the three parameters of the acoustic resonator to the target. This result opens the way to new strategies for the optimization of electric networks shunting a loudspeaker in view of active sound absorption. Practically, such electric impedance design is not straightforward and needs a very accurate selection of the electric components, especially with respect to stability, but also in terms of absorption performances. The implementation of such impedance synthesis strategy on digital signal processing platforms could help alleviate these issues, but these developments are out of the scope of this paper.
E. Discussions
The results in Fig. 3 (see Table II for control parameters) clearly highlight the similarities between the different control techniques detailed in Secs. III A-D, unifying passive shunt techniques and active feedback control of acoustic impedance into a single formalism. The passive performances of an EA can be first improved with a simple passive electric resistance of optimal value so as to reach almost perfect absorption within a narrow frequency bandwidth around the resonance due to the increase of total resistances and the slight decrease of the resonance quality factor. The bandwidth of control can then be significantly increased by choosing appropriate feedback gains in a combined pressure-velocity-feedback. This leads to an enhanced damping at resonance, and a highly decreased quality factor of resonance, resulting from the lowering of the apparent mass and compliance of the resonator. Inspired by these formal analogies, a technique for adjusting the active feedback gains is also introduced. It consists in tuning the three independent parameters of the equivalent acoustic resonator, presenting interesting perspectives for controlling the acoustic impedance of an electroacoustic loudspeaker. As long as the considered lumped-element model is valid [at least up to the cut-off frequencies of Eq. (10)], a criterion for stability has been identified allowing a wide range of settings for the resonator parameters. On the other hand, the acoustic performances obtained with synthesized electric impedances theoretically match the ones obtained with feedbacks on acoustic quantities. The synthesis of electric impedances is also shown to be theoretically possible with quite simple electric networks, such as the one of Fig. 4 , assuming that the neutralization of the loudspeaker electric impedance has been primarily performed with accuracy. But, in practice, this is very sensitive to the electric components, and stable analog implementations have been difficult to be realized at this stage. However, this theoretical result still presents interesting properties of EAs and bridges a conceptual gap between shunt loudspeakers and feedback-based active acoustic impedance control. Section IV intends to experimentally validate the aforementioned properties.
IV. EXPERIMENTAL ASSESSMENT
In order to assess experimentally the equivalence between the active feedback control and electric shunts, a closed-box (volume V b ¼ 10 l) Visaton V R AL 170 low-midrange loudspeaker is employed as an EA. The acoustic absorption coefficient of the EA is assessed after ISO 10534-2 standard, 26 as described in Fig. 6 . In this setup, an impedance tube is specifically designed (length L ¼ 3.4 m; internal diameter Ø ¼ 150 mm), one termination of which is closed by an EA, the other extremity being open with a horn-shape termination so as to exhibit anechoic conditions. 27 A source loudspeaker is wall-mounted close to this termination. Two holes located at positions x 1 ¼ 0.46 m and x 2 ¼ 0.35 m from the EA position are the receptacles of 1=2 00 microphones (Norsonic Type 1225 cartridges mounted on Norsonic Type 1201 amplifiers), sensing sound pressures p 1 ¼ p(x 1 ) and p 2 ¼ p(x 2 ) and the transfer function H 12 ¼ p 2 =ðp 1 Þ is processed through a 01dB-NetdB Multichannel Analyzer. Simultaneously, with a view to process the equivalent electric load Z at the EA electric terminals, the electric voltage e and current i circulating through the coil are measured and processed with the same instrumentation.
In this experimental study, the active feedback settings corresponding to case 2c and case 3b have been applied at the EA electric terminals, as well as at the optimal shunt of case 1. Here, the velocity-feedback is processed through a Polytec OFV-505=5000 laser velocimeter (sensitivity being set to r v ¼ 100 V m À1 s). This velocity sensor is positioned at the output of the open tube, as illustrated in Fig. 6 -the laser beam focusing on a single point of the radiator at the middle of its radius. The pressure is sensed with an external PCB 130D20 microphone (sensitivity of r p ¼ 47.5 mV Pa À1 ) located in the plane x ¼ 0 and slightly off-center (at a height of z ¼ 3.2 cm from the duct wall), yielding a distance of approximately 5 mm from the loudspeaker diaphragm. The direct impedance control is processed through a two-way analog audio-mixer, allowing the setting of electric feedback
The sound absorption coefficients measured with the above-mentioned setup are compared to the corresponding model simulations described in Sec. III and illustrated in Fig. 7(a) . In parallel, the equivalent electric load, processed as the transfer function between voltage e and current i at the EA terminals, is assessed for the settings of case 3b and compared to the corresponding model simulation given in Fig. 7(b) .
The absorption coefficient presented at the front face of the loudspeaker can be easily varied from almost total reflection up to total absorption over a wide frequency bandwidth depending on the control case. The theoretical curves show the same trend as the experimental values even if some slight differences can be observed with the ISO 10534-2 technique. These measurements also show a similar behavior of different acoustic resonators, presenting variable acoustic resistances and quality factors, given in Table II . With such formalism, wide-band acoustic absorbers can be designed in a very straightforward manner according to certain specifications: If an application requires narrow-band absorption, passive shunt can easily be deployed, and in other cases stable and still simple active impedance control can readily be set. Moreover, the electric assessment confirms that, when connected to an active feedback control device, the EA behaves as if it was connected to an active electric load, the elements of which can be identified on the measured transfer function. These assessed values also match the transfer function of the electric network given as example in Sec. III D. Slight discrepancies are observed between the theory and experimental data, confirming the importance of accurately identifying the components of the loudspeaker to be employed in the active device. For example, it appears in Fig. 7(b) that the dependence of R e and L e with frequency should be accurately modeled with a view to synthesizing the requested electric network.
On the stability side, all the active control gains presented in this paper have been set under the threshold of instability. In practice, instability can be experienced while further increasing the feedback gains, the threshold depending on the reactive components in the electroacoustic loudspeaker (especially the electric inductance), as explained in Sec. II B 2. As an illustration, the loop stability is assessed for the settings of case 3b, according to the stability criterion presented in Ref. 28 for single channel feedback control. This argument says that, if the phase of the transfer function between the input and the output at the disconnection in the loop is 360
, then the magnitude of the transfer function should be less than unity. Here, the open-loop gain is measured with the 01dB-NetdB Multichannel Analyzer processing the transfer function between the signals provided at the input of the power amplifier feeding the EA and the output of the audio-mixer. This open-loop gain is first measured when the EA is placed at the entrance of the impedance tube in Fig. 7 , and in a second step in the case where it is moved to an anechoic chamber (free-field conditions). The comparison is illustrated in Fig. 8 . The results are presented on an extended bandwidth (10-5000 Hz) to identify potential highfrequency effects.
Generally speaking, the main problem might arise at the resonance frequency of the EA, where the open-loop gain shows the highest magnitude. This problem is easily alleviated by choosing appropriate settings for the two feedback gains. Indeed, for a certain target acoustic impedance C v =ðC p Þ, there always exists a combination of the two feedback gains C v and C p yielding a 180 phase rotation at this frequency. Apart from this problem, stability issues could also arise from the reactive component of the EA, such as the electric inductance of the coil, or higher-order resonances of the diaphragm, as can be observed above 1 kHz on the free-field measurement. These problems might generally represent limitations for setting the feedback gains, but do not actually affect the acoustic performances of the device in the frequency bandwidth of interest.
However, the main instability issues occurring during the assessments appear to be related to the experimental facility. In the impedance tube especially, the open-loop gain illustrated in Fig. 8 presents a gain margin of about 2 dB (at 2641 Hz) and a phase margin of 2.7 (at 4781 Hz). One can observe that these margins are significantly increased in the case where the acoustic absorber is in a free-field environment; the resonances of the impedance tube represent the most important factor of magnitude and phase variations in the open-loop gain. As a conclusion, the observed instability issues should not be entirely taken for an intrinsic property of the EA, and the margins for setting the EAs are actually much higher than the ones assessed in the impedance tube.
V. CONCLUSIONS
A unifying theory of active acoustic impedance control has been introduced, covering different control techniques from passive shunt to pressure=velocity-feedbacks in a single formalism. A feedback on acoustic quantities is shown to be equivalent to an electrical load at the transducer electrical terminals. Conversely, a synthetic electric network has been identified for each active acoustic impedance control, the design of which can be specified in a relatively simple manner. Broadband acoustic performances have been measured on a generic prototype of EA with passive shunt and active acoustic feedback control. The tested configurations present a variety of acoustic absorption, which are in good agreement with the simulations. Finally, the equivalent electric load of an active acoustic feedback has also been experimentally assessed, confirming the theory of electroacoustic absorbers.
Further work is ongoing, focusing on the design and optimization of dedicated electrical networks. The optimization addresses the identification of the target electric impedance expressed in Eq. (26) , along the same methodology as the one reported for optimizing semi-active shunt loudspeakers. 29 A potential application of the reported concepts could consist in designing specified electric filters capable of sensing acoustic quantities (pressure and=or diaphragm velocity) out of electrical current=voltage, thus preventing the use of external sensors in active noise control devices.
